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(57) A signal (801) of a first code string made 
through replacing a part of a code string of a predeter- 
mined format with dummy data is sent to code string re- 
writing means (1802) via code string resolution means 
(1 801 ). A signal (806) of a second code string for com- 
plementing the dummy data part in the signal (801) is 
sent to the code string rewriting means (1 802) via con- 
trol means (1 805) and the dummy data in the first code 
string is rewritten to the second code string. At the time 



of trial viewing/listening, a signal (802) from the code 
string resolution means (1801) is selected by a switch 
(1808), and when the second code string (806) is ac- 
quired through content purchase, a signal (803) from the 
code string rewriting means (1802) is selected by the 
switch (1808). Thus, trial viewing/listening of a content 
such as music is made possible while the possibility of 
decryption is eliminated. By acquiring a relatively small 
quantity of data, reproduction of a high-quality content 
is made possible. 
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Description 

Technical Field 

[0001] This invention relates to a signal reproducing 
device and method ; a signal recording device and meth- 
od, a signal receiving device, and an information 
processing method, and for example, to a signal repro- 
ducing device and method, a signal recording device 
and method ; a signal receiving device ; and an informa- 
tion processing method which perform coding of a signal 
so as to enable trial viewing/listening, and thus enable 
reproduction or recording the signal with high quality by 
adding of data of a small amount of information to the 
signal if a trial viewer/listener decides to purchase the 
signal. 

Background Art 

[0002] A content (software) distribution method is 
known in which, for example, an acoustic signal or the 
like is encrypted and then broadcast or recorded to a 
recording medium so that only a person who purchased 
a key for decryption is permitted to listen to the signal. 
[0003] As an encryption method, for example, a meth- 
od is known in which an initial value of a random-number 
sequence is given as a key signal for a bit string of a 
PCM acoustic signal and then a bit string obtained by 
taking an exclusive OR between the generated random- 
number sequence of 0/1 and the PCM bit string is trans- 
mitted or recorded to a recording medium. As this meth- 
od is used, a person who acquired the key signal can 
correctly reproduce the acoustic signal and a person 
who did not acquire the key signal can only reproduce 
noise. Of course, it is also possible to use a more com- 
plicated method such as so-called DES (Data Encryp- 
tion Standard) as an encryption method. Description of 
the DES standard is disclosed in "Federal Information 
Processing Standards Publication 46, Specifications for 
the DATA ENCRYPTION STANDARD, 1977, January 
15." 

[0004] On the other hand, a method for compressing 
an acoustic signal and then broadcasting or recording 
the compressed acoustic signal to a recording medium 
is popularized, and recording media which enable re- 
cording of a coded audio signal or the like, such as a 
magneto-optical disc, are broadly used. 
[0005] There are various techniques for high-efficien- 
cy coding of an audio signal, voice signal or the like. For 
example, such techniques may include subband coding 
(SBC), which is a non-blocked frequency band division 
system for dividing an audio signal or the like on the time 
axis into a plurality of frequency bands without blocking 
and then coding the band-divided audio signal, and so- 
called transform coding, which is a blocked frequency 
band division system for transforming (spectrally trans- 
forming) a signal on the time axis to a signal of the fre- 
quency axis, then dividing the signal into a plurality of 



frequency bands and coding the signal of each band. 
Moreover, a high-efficiency coding technique combining 
the above-described subband coding with transform 
coding is considered. In that case, forexample, after fre- 
5 quency band division is carried out by the above-de- 
scribed subband coding, the signal of each band is 
spectrally transformed to a signal on the frequency axis 
and the spectrally transformed signal of each band is 
coded. 

10 [0006] As a filter for the above-described technique, 
for example, a QMF filter is used. The QMF filter is de- 
scribed in "R.E. Crochiere, Digital coding of speech in 
subbands, Bell Syst. Tech. J. Vol.55, No.8, 1 976". More- 
over, a filter division technique with equal bandwidth is 

15 disclosed in "Joseph H. Rothweiler, Polyphase Quadra- 
ture Filters - A new subband coding technique, ICASSP 
83, BOSTON". 

[0007] As the above-described spectral transform, for 
example, the time axis is transformed to the frequency 

20 axis by blocking an input audio signal by predetermined 
unit time (frame) and then performing discrete Fourier 
transform (DFT), discrete cosine transform (DCT), mod- 
ified discrete cosine transform (MDCT) or the like on 
each of the blocks. MDCT is described in "J. P. Princen, 

25 A.B. Bradley, Univ. of Surrey Royal Melbourne Inst, of 
Tech., Subband/Transform Coding Using Filter Band 
Designs Based on Time Domain Aliasing Cancellation, 
ICASSP, 1987". 

[0008] If the above-described DFT or DCT is used as 

30 a method for transforming a waveform signal to the 
spectrum, M independent real-number data are provid- 
ed by performing transform on a time block consisting 
of M samples. To reduce the connection distortion be- 
tween time blocks, each time block is usually over- 

35 lapped with both adjacent blocks by M1 samples each. 
Therefore, on average, M real-number data are quan- 
tized and coded for (M-M1 ) samples in DFT or DCT. 
[0009] On the other hand, if the above-described MD- 
CT is used as a method for transforming a waveform 

40 signal to the spectrum, M independent real-number data 
are provided from 2M samples as a result of overlapping 
both adjacent time blocks by M samples each. There- 
fore, on average, M real-number data are quantized and 
coded for M samples in MDCT. A decoding device can 

45 reconstruct the waveform signal by performing inverse 
transform on each block of the code obtained by using 
MDCT and then adding the resulting waveform ele- 
ments while letting them interfere with each other. 
[0010] Generally, by elongating a time block for trans- 

50 form, the frequency resolution of the spectrum is en- 
hanced and the energy concentrates at a specific spec- 
tral component. Therefore, by using MDCT in which 
each block is overlapped with both adjacent blocks by 
half each to perform transform with a longer block length 

55 and in which the number of resulting spectral signals is 
not increased from the number of the original time sam- 
ples, more efficient coding can be carried out than when 
DFT or DCT is used. Moreover, by having each block 
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have a sufficient long overlap with the adjacent blocks, 
the distortion between the blocks of the waveform signal 
can be reduced. 

[0011] By quantizing the signal thus divided to each 
band by the filter or spectral transform, a band where 
quantization noise is generated can be controlled and 
more auditorily efficient coding can be performed by uti- 
lizing characteristics such as masking effect. By carry- 
ing out normalization for each band with the maximum 
value of absolute values of signal components in the 
band before performing quantization, more efficient 
coding can be performed. 

[0012] The frequency division width in the case of 
quantizing each frequency component obtained by fre- 
quency band division is determined, for example, in con- 
sideration of the human auditory characteristic. Specif- 
ically, an audio signal may be divided into a plurality of 
bands (for example 25 bands) with broader bandwidths 
for higher-frequency bands which are generally called 
critical bands. When coding data of each band in this 
case, coding is carried out by using predetermined bit 
distribution to each band or adaptive bit allocation to 
each band. For example, when coding coefficient/ factor 
data resulting from the above-described MDCT 
processing by the above-described bit allocation, the 
MDCT coefficient/ factor data of each band resulting 
from MDCT of each of the blocks is coded by using an 
adaptive number of allocated bits. 
[0013] For such bit allocation, the following two tech- 
niques are known. Specifically, "R. Zelinski and P. Noll, 
Adaptive Transform Coding of Speech Signals, IEEE 
Transactions of Acoustics, Speech, and Signal Process- 
ing, vol.ASSP-25, No. 2, August 1977", discloses bit al- 
location based on the magnitude of a signal of each 
band. In this system, though the quantization noise 
spectrum is flat and the noise energy is minimum, the 
actual perception of noise is not optimum because the 
auditory masking effect is not utilized. "M.A. Kransner, 
MIT, The critical band coder — digital encoding of the 
perceptual requirements of the auditory system, ICAS- 
SP 1980", discloses a technique in which a necessary 
signal-to-noise ratio for each band is obtained using au- 
ditory masking, thus performing fixed bit allocation. With 
this technique, however, even when measuring charac- 
teristics by using a sine wave input, a satisfactory char- 
acteristic value is not obtained because of fixed bit allo- 
cation. 

[0014] To solve these problems, a high-efficiency cod- 
ing device is proposed in which all the bits that can be 
used for bit allocation are divisionally used for a fixed bit 
allocation pattern predetermined for each small block 
and for bit allocation dependent on the magnitude of the 
signal of each block and in which the division ratio de- 
pends on a signal related to the input signal so that the 
proportion of division to the fixed bit allocation pattern 
is increased for a smoother spectrum of the signal. 
[0015] According to this technique, if the energy con- 
centrates at a specific spectrum, as in a sine wave input, 



the signal-to-noise ratio can be significantly improved 
as a whole by allocating many bits to a block containing 
that spectrum. Generally, since the human auditory 
sense is very sensitive to a signal having an acute spec- 

5 tral component, the improvement in the signal-to-noise 
ratio by using this technique is effective not only for im- 
provement in the numerical value in measurement but 
also for improvement in the sound quality perceived by 
the auditory sense. 

10 [0016] Many other techniques for bit allocation are 
proposed. As the auditory model is elaborated further 
and the coding device has a sufficient capability, more 
auditorily efficient coding is made possible. In these 
techniques, typically, a bit allocation reference value of 

15 a real number which realizes the signal-to-noise char- 
acteristic found by calculation with high fidelity is found, 
and an integer which approximates the reference value 
is used as the number of allocated bits. 
[0017] In the specification and drawings of the Japa- 

20 nesePatentApplicationNo.H5-152865orW094/28633 
proposed by the present inventors, a method is pro- 
posed in which atonal componentthat is particularly im- 
portant in terms of the auditory sense, that is, a signal 
component with energy concentrated around a specific 

25 frequency, is separated from a spectral signal and cod- 
ed separately from the other spectral components. This 
enables efficient coding of an audio signal etc. at a high 
compression rate while causing little auditory deteriora- 
tion. 

30 [0018] To construct an actual code string, first, quan- 
tization accuracy information and normalization factor 
(coefficient) information may be coded using a prede- 
termined number of bits for each band on which normal- 
ization and quantization are performed, and then a nor- 

35 malized and quantized spectral signal may be coded. 
Moreover, the ISO/IEC 11 1 72-3:1 993(E), 1993 de- 
scribes a high-efficiency coding system in which the 
number of bits representing quantization accuracy infor- 
mation is set to vary depending on the band. It is stand- 

40 ardized that the number of bits representing quantiza- 
tion accuracy information is decreased toward higher 
frequency bands. 

[0019] Instead of directly coding quantization accura- 
cy information, a method is known in which quantization 

45 accuracy information is decided from normalization fac- 
tor information in a decoding device. In this method, 
however, the relation between normalization factor in- 
formation and quantization accuracy information is de- 
cided when the standard is set. Therefore, control of the 

50 quantization accuracy based on a more advanced au- 
ditory model cannot be introduced in the future. Moreo- 
ver, if the compression rate to be realized is variable, 
the relation between normalization factor information 
and quantization accuracy information must be defined 

55 for each compression rate. 

[0020] There is also known a method for more effi- 
cient coding by coding a quantized spectral signal using 
a variable-length code described in "D.A. Huffman, A 
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Method for Construction of Minimum Redundancy 
Codes, Proc. I.R.E, 40, p. 1098 (1952)". 
[0021] Meanwhile, a software distribution method is 
known in which an acoustic signal or the like coded by 
the above-described methods is encrypted and broad- 
cast or recorded to a recording medium so that only a 
person who purchased a key is permitted to listen to the 
signal. As an encryption method, for example, a method 
is known in which an initial value of a random-number 
sequence is given as a key signal for a bit string of a 
PCM (pulsecodemodulation)acousticsignaloracoded 
signal and then a bit string obtained by taking an exclu- 
sive OR between the generated random-number se- 
quence of 0/1 and the bit string is transmitted or record- 
ed to a recording medium. As this method is used, only 
a person who acquired the key signal can correctly re- 
produce the acoustic signal and a person who did not 
acquire the key signal can only reproduce noise. Of 
course, it is also possible to use a more complicated 
method as an encryption method. 
[0022] However, in these scrambling methods, if there 
is no key or if software is reproduced by ordinary repro- 
ducing means, what is reproduced is noise and the con- 
tent of the software cannot be grasped. Therefore, these 
method cannot be used for applications such as distrib- 
uting a disc having music recorded thereon with rela- 
tively low sound quality and allowing a person who lis- 
tens to the music on trial to purchase only a key for a 
tune which the person likes and to reproduce the tune 
with high sound quality, or allowing a person to listen the 
software on trial and then to newly purchase a disc on 
which the software is recorded with high sound quality. 
[0023] Conventionally, in the case of encrypting a 
high-efficiency coded signal, it is difficult to prevent the 
compression efficiency from lowering while providing a 
code string which is significant to ordinary reproducing 
means. Specifically, in the case where a code string ob- 
tained by high-efficiency coding is scrambled as de- 
scribed above, only noise is generated by reproducing 
the code string. Moreover, if the scrambled code string 
is not conformable to the original high-efficiency coding 
standard, the reproducing means might not operate at 
all. On the other hand, if the quantity of information is 
reduced, for example, by utilizing the auditory charac- 
teristics in the case where a PCM signal is scrambled 
and then high-efficiency coded, the signal obtained by 
scrambling the PCM signal cannot necessarily repro- 
duced when the high-efficiency coding is canceled. 
Therefore, it is difficult to correctly descramble the sig- 
nal. For this reason, a method which enables correct de- 
scrambling must be selected at the sacrifice of the effi- 
ciency in the compression method. 
[0024] Thus, the Japanese Publication of Unexam- 
ined Patent Application No.H10-135944 proposed by 
the present inventors discloses an audio coding system 
which enables trial listening without a key with respect 
to a narrow-band signal produced by encrypting only a 
high-frequency side of a spectral signal which is trans- 



formed from a music signal and then coded. Specifically, 
in this system, the high-frequency side is encrypted and 
bit allocation information on the high-frequency side is 
replaced by dummy data so that the true bit allocation 
5 information on the high-frequency side is recorded at a 
position which is neglected by an ordinary decoder. By 
employing this system, for example, it is possible to en- 
joy listening to only one's favorite music with high sound 
quality as a result of trial listening. 
10 [0025] In the technique described in the above-de- 
scribed Japanese Publication of Unexamined Patent 
Application No.H10-135944, the security depends only 
on the encryption. Therefore, if the signal is decrypted, 
there is a possibility that the music of high sound quality 
15 can be listened to without charging any fee for it. 

[0026] In the case of low quality (sound quality or im- 
age quality) of trial viewing/listening, what quality of sig- 
nal can be enjoyed after the purchase is unknown and 
whether to purchase or not is difficult to decide. Howev- 
20 er, if trial viewing/listening with relatively high quality is 
made possible, many users may think they can enjoy 
the content well without purchasing it. 

Disclosure of the Invention 

25 

[0027] In view of the foregoing status of the art, it is 
an object of the present invention to provide a signal 
reproducing device and method, a signal recording de- 
vice and method, a signal receiving device, and an in- 

30 formation processing method in which trial viewing/lis- 
tening is possible, the possibility of decryption can be 
eliminated by not encrypting a part of a signal, the quality 
(sound quality or image quality) of trial viewing/listening 
can be arbitrarily changed, and the quality of a signal to 

35 be enjoyed after the purchase can be confirmed while 
the quality of a signal of trial viewing/listening is insuffi- 
cient. 

[0028] According to the present invention, a part of 
information recorded to a recording medium is recorded 

40 as dummy data so that it can be reproduced with rela- 
tively low quality, and the dummy data is replaced by 
recording true data when high-quality reproduction is 
necessary. Thus, the possibility of illegal decryption is 
eliminated and a medium having data recorded thereon, 

45 whether in a low-quality format or in a high-quality for- 
mat, can be used for viewing/listening in an ordinary re- 
producing device. 

[0029] Specifically, in order to solve the foregoing 
problems, in a signal reproducing device and method 

50 according to the present invention, when reproducing a 
code string of a predetermined format obtained by cod- 
ing a signal, dummy data of a first code string, made 
through replacing a part of the code string of the prede- 
termined format with the dummy data, is rewritten to a 

55 second code string for complementing the dummy data 
part, and the first code string and the code string ob- 
tained by the rewriting are switched and outputted in ac- 
cordance with a predetermined condition. 
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[0030] Thus, whether to acquire necessary informa- 
tion for high-quality reproduction can be determined af- 
ter confirming the content of software and smoother dis- 
tribution of the software is made possible. 
[0031] In this case, the first code string is caused to 
have a value for controlling the quality of a reproduced 
signal which changes with the lapse of time. For exam- 
ple, by temporally changing the bandwidth, the quality 
of a part of a signal for trial viewing/listening (for exam- 
ple, the beginning or the most impressive part of a tune) 
can be high quality equivalent to that of the purchased 
content. Whetherto purchase the content can be easily 
determined and smoother distribution of the content is 
made possible. Moreover, by extracting and reproduc- 
ing only a part of high quality for trial viewing/listening, 
thetrial viewing/listening can be efficiently carried out in 
a short time. 

[0032] In a signal recording device and method ac- 
cording to the present invention, in order to solve the 
foregoing problems, when recording a code string of a 
predetermined format obtained by coding a signal , dum- 
my data of a first code string, made through replacing a 
part of the code string of the predetermined format with 
the dummy data, is rewritten to a second code string for 
complementing the dummy data part. 
[0033] By thus acquiring additional data (second code 
string) of a relative small quantity and rewriting the dum- 
my data, it is possible to change information necessary 
for high-quality reproduction. 

[0034] In the coding, an input signal is spectrally 
transformed and its frequency band is divided. Then, a 
code string of a predetermined format comprising quan- 
tization accuracy information, normalization factor infor- 
mation and spectral factor information for each band is 
generated. The dummy data corresponds to a part of at 
least one of the quantization accuracy information, the 
normalization factor information and the spectral factor 
information. 

[0035] The dummy data is dummy data of information 
on the high-frequency side of the quantization accuracy 
information, dummy data of information on the high-fre- 
quency side of the normalization factor information, or 
dummy data of the spectral factor information. 
[0036] In ordertosolvetheforegoing problems, asig- 
nal receiving device according to the present invention 
is adapted for receiving a signal of a code string of a 
predetermined format comprising quantization accura- 
cy information, normalization factor information and 
spectral factor information for each band obtained by 
spectrally transforming a signal and then dividing its fre- 
quency band. The signal receiving device comprises: 
receiving means for selectively receiving a signal of a 
first code string made through replacing a part of the 
code string of the predetermined format with dummy da- 
ta and a signal of a second code string for complement- 
ing the dummy data part; rewriting means for rewriting 
the dummy data of the first code string received by the 
receiving means to the second code string; and switch- 



ing means for switching the first code string and the code 
string from the rewriting means in accordance with a 
predetermined condition. 

[0037] Thus, whether to acquire necessary informa- 

5 tion for high-quality reproduction can be determined af- 
ter confirming the content of software and smoother dis- 
tribution of the software is made possible. Moreover, un- 
like when encryption is performed, the possibility of 
high-quality reproduction by an unauthorized action 

10 such as decryption or the like is reduced. 

[0038] Moreover, an information processing method 
according to the present invention comprises: a step of 
generating, from an original code string obtained by cod- 
ing original information by a predetermined format with 

15 a frame structure, a first code string which can be repro- 
duced as information having lower quality than the orig- 
inal information but recognizable by a human being by 
rewriting a part or a plurality of parts of the original code 
string to dummy data; a step of generating a second 

20 code string which enables reproduction of the original 
information by complementing the first code string, from 
the part or the plurality of parts of the original code string 
separated from the first code string; a step of distributing 
the first code string so that at least a part of the first code 

25 string is in an access-free status; and a step of distrib- 
uting the second code string so that at least a part of the 
second code string is in a non-access-free status. 
[0039] The part or the plurality of parts of the code 
string to be replaced by the dummy data may include, 

30 for example, a part or all of content information and/or 
a part or all of control information necessary for repro- 
duction of the content information. Moreover, the part or 
the plurality of parts of the code string to be replaced 
can be set to a part or all of frames. Furthermore, the 

35 predetermined format may be a format for generating a 
code string, for example, by variable-length coding the 
content information and multiplexing it as a code string 
related to control information necessary for reproduction 
of the content information. 

40 [0040] The access-free status means that an unspec- 
ified person can normally access the code string. That 
is, the access-free status includes not only the status 
where no access limitation is set on the code string but 
also the status where the code string is practically ac- 

45 cess-free though an access limitation that can be easily 
canceled by an unspecified person is set. The non-ac- 
cess-free status means that only a specified person can 
normally access the code string. 
[0041] The distribution in the non-access-free status 

50 can be realized, for example, by performing encryption 
processing on the code string and then distributing the 
code string. In this case, the user cannot access the 
code string unless he/she carries out decryption 
processing as predetermined processing. 

55 [0042] Moreover, the distribution in the non-access- 
free status can be realized, for example, by recording 
the code string to a copy-protected storage medium and 
physically distributing the storage medium. In this case, 
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free access to the code string by the user for a prede- 
termined period may be permitted by utilizing a digital 
watermarking technique, a time limitation technique and 
the like. 

[0043] In any of the above-described methods for re- 
alizing the distribution in the non-access-free status, it 
is possible to employ such a structure that execution of 
the corresponding predetermined processing by the us- 
er is permitted on the assumption of appropriate ac- 
counting, registration of user information, distribution of 
advertising information to the user or confirmation of ad- 
vertising information by the user, and so on. Alternative- 
ly, in any of the above-described methods for realizing 
the distribution in the non-access-free status, it is pos- 
sible to employ such a structure that free execution of 
the predetermined processing by the user within a pre- 
determined period is permitted but free execution of the 
predetermined processing by the user is not permitted 
after the predetermined period unless appropriate 
processing is carried out. 

Brief Description of the Drawings 

[0044] 

Fig.1 is a block diagram showing a schematic struc- 
ture of an optical disc recording/reproducing device 
used for description of an embodiment of the 
present invention. 

Fig.2 is a block diagram showing a schematic struc- 
ture of an exemplary coding device used forthe de- 
scription of the embodiment of the present inven- 
tion. 

Fig.3 is a block diagram showing a specific example 
of transform means of the coding device of Fig.2. 
Fig.4 is a block diagram showing a specific example 
of signal component coding means of the coding 
device of Fig.2. 

Fig.5 is a block diagram showing a schematic struc- 
ture of an exemplary decoding device used for the 
description of the embodiment of the present inven- 
tion. 

Fig. 6 is a block diagram showing a specific example 
of inverse transform means of the decoding device 
of Fig.5. 

Fig. 7 is a block diagram showing a specific example 
of signal component decoding means of the decod- 
ing device of Fig.5. 

Fig. 8 is a view for explaining a coding method used 
forthe description of the embodiment of the present 
invention. 

Fig. 9 is a view for explaining a exemplary code 
string obtained by the coding method used for the 
description of the embodiment of the present inven- 
tion. 

Fig. 1 0 is a view for explaining another exemplary 
coding method used for the description of the em- 
bodiment of the present invention. 



Fig. 11 is a block diagram showing an example of 
signal component coding means for realizing the 
coding method explained with reference to Fig. 10. 
Fig. 12 is a block diagram showing an example of 
5 signal component decoding means used in a de- 
coding device for decoding a code string obtained 
by the coding method explained with reference to 
Fig.10. 

Fig. 13 is a view showing an exemplary code string 
10 obtained by the coding method explained with ref- 
erence to Fig.10. 

Fig. 14 is a view showing an exemplary code string 
obtained by the coding method used in the embod- 
iment of the present invention. 

15 Fig. 1 5 is a viewshowing an exemplary spectral sig- 
nal of a reproduced signal when a code string ob- 
tained by the coding method explained with refer- 
ence to Fig. 14 is reproduced. 
Fig. 1 6 is a view showing an exemplary spectral sig- 

20 nal of a reproduced signal when a code string ob- 
tained by another example of the coding method ex- 
plained with reference to Fig. 14 is reproduced. 
Fig. 17 is a view showing a schematic structure of a 
reproducing device for realizing the coding method 

25 explained with reference to Fig. 15. 

Fig. 18 is a viewshowing an example of information 
for replacing dummy data of a code string obtained 
by the coding method explained with reference to 
Fig.15. 

30 Fig. 19 is a block diagram showing a schematic 
structure of a recording device used in the embod- 
iment of the present invention. 
Fig. 20 is a view showing an example of information 
for replacing dummy data of a code string obtained 

35 by a coding method used in another embodiment of 
the present invention. 

Fig. 21 is a flowchart for explaining a reproducing 
method used in the embodiment of the present in- 
vention. 

40 Fig. 22 is a flowchart for explaining a recording 
method used in the embodiment of the present in- 
vention. 

Fig. 23 is a view showing an exemplary code string 
obtained by another coding method used in the em- 

45 bodiment of the present invention . 

Fig. 24 is a view for explaining a change with the 
lapse of time of the code string used in the embod- 
iment of the present invention. 
Fig. 25 is a block diagram showing an exemplary 

50 coding device used in the embodiment of the 
present invention. 

Fig. 26 is a flowchart for explaining the coding meth- 
od used in the embodiment of the present invention. 
Fig. 27 is a viewfor explaining the processing to ex- 
55 tract only a high-quality part in the case where the 
reproduction quality of the code string changes with 
the lapse of time. 

Figs.28A and 28B are views for explaining other 



6 



11 



EP 1 284 481 A1 



12 



coding methods used in the embodiment of the 
present invention. 

Fig.29 is a block diagram for explaining a content 
supply system constituted by using the embodiment 
of the present invention. 

Fig.30 is a block diagram showing an exemplary us- 
er terminal used in the content supply system of Fig. 
29. 

Fig.31 is a block diagram showing an example of 
control means of the user terminal of Fig.30. 
Fig.32 is a block diagram for explaining a content 
supply system constituted by using another embod- 
iment of the present invention. 
Fig.33 is a block diagram for explaining a content 
supply system constituted by using still another em- 
bodiment of the present invention. 
Fig.34 is a block diagram for explaining a reproduc- 
ing terminal used in the content supply system of 
Fig.33. 

Best Mode for Carrying Out the Invention 

[0045] Prior to the description of embodiments of the 
present invention, an optical recording/reproducing de- 
vice as a typical compressed data recording/reproduc- 
ing device used for the description of the embodiments 
of the present invention will be first described with ref- 
erence to the drawings. 

[0046] Fig. 1 is a block diagram showing an exemplary 
optical disc recording/reproducing device. In the device 
shown in Fig.1, first, a magneto-optical disc 1 rotation- 
ally driven by a spindle motor 51 is used as a recording 
medium. When recording data to the magneto-optical 
disc 1 , for example, a modulation magnetic field corre- 
sponding to the data to be recorded is applied by a mag- 
netic head 54 while a laser beam is cast by the optical 
head 53, thus performing so-called magnetic field mod- 
ulation recording so as to record the data along record- 
ing tracks of the magneto-optical disc 1 . When repro- 
ducing data, the recording tracks of the magneto-optical 
disc 1 are traced by a laser beam from the magnetic 
head 53, thus performing magneto-optical reproduction. 
[0047] The optical head 53 is constituted by, for ex- 
ample, a laser light source such as a laser diode, optical 
components such as a collimating lens, an objective 
lens, a polarizing beam splitter and a cylindrical lens, 
and a photodetector having a light receiving part of a 
predetermined pattern. This optical head 53 is provided 
at a position opposite to the magnetic head 54 with the 
magneto-optical disc 1 provided between them. When 
recording data to the magneto-optical disc 1 , the mag- 
netic head 54 is driven by a head driving circuit 66 of a 
recording system, which will be described later, to apply 
a modulation magnetic field corresponding to the data 
to be recorded, and a laser beam is cast onto a target 
track of the magneto-optical disc 1 by the optical head 
53, thereby performing thermomagnetic recording 
based on a magnetic field modulation system. The op- 



tical head 53 detects a reflected beam of the laser beam 
cast onto the target track, thus detecting a focusing error 
by a so-called astigmatic method, for example, and also 
detecting a tracking error by a so-called push-pull meth- 

5 od, for example. When reproducing data from the mag- 
neto-optical disc 1, the optical head 53 detects the fo- 
cusing error and the tracking error and detects, at the 
same time, the difference in the polarization angle (Kerr 
rotation angle) of the reflected beam of the laser beam 

10 from the target track, thus generating a reproduced sig- 
nal. 

[0048] The output of the optical head 53 is supplied 
to an RF circuit 55. The RF circuit 55 extracts the focus- 
ing error signal and the tracking error signal from the 

15 output of the optical head 53 and supplies these signals 
to a servo control circuit 56. The RF circuit 55 also bi- 
narizes the reproduced signal and supplies the binary 
signal to a decoder 71 of a reproducing system, which 
will be described later. 

20 [0049] The servo control circuit 56 is constituted by, 
for example, a focusing servo control circuit, a tracking 
servo control circuit, a spindle motor servo control cir- 
cuit, a thread servo control circuit and the like. The fo- 
cusing servo control circuit performs focusing control of 

25 the optical system of the optical head 53 so that the fo- 
cusing error signal becomes zero. The tracking servo 
control circuit performing tracking control of the optical 
system of the optical head 53 so that the tracking error 
signal becomes zero. The spindle motor servo control 

30 circuit controls the spindle motor 51 to rotationally drive 
the magneto-optical disc 1 at a predetermined rotation 
speed (for example, constant linear velocity). The 
thread servo control circuit moves the optical head 53 
and the magnetic head 54 to the position of the target 

35 track on the magneto-optical disc 1 designated by a sys- 
tem controller 57. The servo control circuit 56, which car- 
ries out such various control operations, sends the sys- 
tem controller 57 information indicating the operating 
status of each part controlled by the servo control circuit 

40 56. 

[0050] The system controller 57 is connected with a 
key input operating unit 58 and a display unit 59. The 
system controller 57 controls the recording system and 
the reproducing system in accordance with operation in- 

45 put information from the key input operating unit 58. The 
system controller 57 also manages the recording posi- 
tion and the reproducing position on a recording track 
which is being traced by the optical head 53 and the 
magnetic head 54, on the basis of address information 

50 of each sector reproduced from the recording track of 
the magneto-optical disc 1 by using header time and 
subcode Q-data. Moreover, the system controller 57 
controls the display unit 59 to display the reproducing 
time on the basis of the data compression rate of the 

55 compressed data recording/reproducing, device and 
the reproducing position information on the recording 
track. 

[0051] For the display of the reproducing time, ad- 
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dress information (absolute time information) of each 
sector reproduced from the recording track of the mag- 
neto-optical disc 1 by using header time and so-called 
subcode Q-data is multiplied by the reciprocal of the da- 
ta compression rate (for example, 4 in the case of 1/4 
compression), thus finding the actual time information. 
The time information thus found is displayed on the dis- 
play unit 59. Also in recording, if absolute time informa- 
tion has been recorded in advance (pre-formatted) on a 
recording track of, for example, a magneto-optical disc 
or the like, the pre-formatted absolute time information 
can be read and multiplied by the reciprocal of the data 
compression rate, thus displaying the current position 
as the actual recording time. 

[0052] In the recording system of the optical disc re- 
cording/reproducing device shown in Fig . 1 , an analog 
audio input signal A !N from an input terminal 60 is sup- 
plied to an A/D converter 62 via a low-pass filter 61 . The 
A/D converter 62 quantizes the analog audio input sig- 
nal A| N . A digital audio signal thus obtained by the A/D 
converter 62 is supplied to an ATC (adaptive transform 
coding) encoder 63. Moreover a digital audio input sig- 
nal D| N from an input terminal 67 is supplied to the ATC 
encoder 63 via a digital input interface 68. The ATC en- 
coder 63 performs bit compression (data compression) 
processing in accordance with a predetermined data 
compression rate with respect to digital audio PCM data 
of a predetermined transfer rate resulting from the quan- 
tization of the input signal A )N by the A/D converter 62. 
The compressed data (ATC data) outputted from the 
ATC encoder 63 is supplied to a memory (RAM) 64. For 
example, if the data compression rate is 1/8, the data 
transfer rate is lowered to 1/8 (9.375 sectors/second) of 
the data transfer rate (75 sectors/second) of a so-called 
CD-DA format, which is a standard digital audio CD for- 
mat. 

[0053] Writing and reading of data to and from the 
memory (RAM) 64 are controlled by the system control- 
ler 57. The memory 64 is used as a buffer memory for 
temporarily storing the ATC data supplied from the ATC 
encoder 63 and recording the ATC data onto a disc, 
when necessary. That is, for example, if the data com- 
pression rate is 1/8, the data transfer rate of the com- 
pressed audio data supplied from the ATC encoder 63 
is lowered to 1/8 of the data transfer rate (75 sectors/ 
second) of the standard CD-DA format, that is, 9.375 
sectors/second. This compressed data is continuously 
written to the memory 64. For the compressed data 
(ATC data), recording of every eighth sector is enough 
as described above. However, since such recording of 
every eighth sector is practically almost impossible, the 
following sector-continuous recording is carried out. 
[0054] This recording is carried out in a burst-like 
manner with a quiescent time at the same data transfer 
rate (75 sectors/second) as the standard CD-DA format, 
using a cluster made up of a predetermined plurality of 
sectors (for example, 32 sectors plus several sectors) 
as a recording unit. Specifically, from the memory 64, 



the ATC data having the data compression rate of 1/8, 
which is continuously written at the low transfer rate of 
9.375 (= 75/8) sectors/second corresponding to the bit 
compression rate, is read out as recording data in a 
5 burst-like manner at the transfer rate of 75 sectors/sec- 
ond. Forthis data, which is read out and then recorded, 
the data transfer rate as a whole including the recording 
quiescent time is the above-described low data transfer 
rate of 9.375 sectors/second, but the instantaneous da- 
ta transfer rate within the time of the burst-like recording 
is the standard data transfer rate of 75 sectors/second. 
Therefore, when the disc rotation speed is the same as 
the standard CD-DA format (constant linear velocity), 
recording with the same recording density and recording 
pattern as the CD-DA format is carried out. 
[0055] The ATC audio data, that is. the recording data 
read out from the memory 64 in a burst-like manner at 
the (instantaneous) transfer rate of 75 sectors/second 
is supplied to an encoder 65. In the data string supplied 
from the memory 64 to the encoder 65, a unit of record- 
ing continuously recorded in one recording consists of 
a cluster made up of a plurality of sectors (for example, 
32 sectors) and several sectors for cluster connection 
arranged before and after the cluster. The sectors for 
cluster connection are set to be longer than the inter- 
leave length in the encoder 65 so that interleave will not 
affect data of the other clusters. 
[0056] The encoder 65 performs encoding processing 
(parity addition and interleave processing) or EFM cod- 
ing processing for error correction with respect to the 
recording data supplied from the memory 64 in a burst- 
like manner as described above. The recording data on 
which the coding processing was performed by the en- 
coder 65 is supplied to the magnetic head driving circuit 
66. The magnetic head driving circuit 66 is connected 
with the magnetic head 54 and drives the magnetic head 
54 to apply a modulation magnetic field corresponding 
to the recording data to the magneto-optical disc 1 . 
[0057] The system controller 57 performs memory 
control of the memory 64 as described above and also 
controls the recording position so as to continuously 
record the recording data read out from the memory 64 
in a burst-like manner in accordance with this memory 
control, to the recording track of the magneto-optical 
disc 1 . The recording position is controlled as thesystem 
controller 57 manages the recording position of the re- 
cording data read out from the memory 64 in a burst- 
like manner and sends a control signal designating a 
recording position on the recording track of the magne- 
to-optical disc 1 to the servo control circuit 56. 
[0058] The reproducing system of the optical disc re- 
cording/reproducing device shown in Fig. 1 will now be 
described. This reproducing system is adapted for re- 
producing recording data continuously recorded on the 
recording track of the magneto-optical disc 1 by the 
above-described recording system. The reproducing 
system has a decoder 71 to which a reproduced output 
obtained by tracing the recording track of the magneto- 
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optical disc 1 with a laser beam by the optical head 53 
and binarized by the RF circuit 55 is supplied. In this 
case, data can be read not only from a magneto-optical 
disc but also from a reproduction-only disc which is the 
same as a so-called CD (compact disc) and an optical 
disc of a so-called CD-R type. 
[0059] The decoder 71 corresponds to the encoder 65 
in the above-described recording system. The decoder 
71 performs processing such as decoding processing 
or EFM decoding processing for error correction as de- 
scribed above with respect to the reproduced output bi- 
narized by the RF circuit 55, and reproduces the ATC 
audio data having the above-described compression 
rate of 1/8 at a transfer rate of 75 sectors/second, which 
is higher than the normal transfer rate. The reproduced 
data obtained by this decoder 71 is supplied to a mem- 
ory (RAM) 72. 

[0060] Writing and reading of data to and from the 
memory (RAM) 72 are controlled by the system control- 
ler 57. The reproduced data supplied from the decoder 

71 at the transfer rate of 75 sectors/second is written to 
the memory 72 in a burst-like manner at the same trans- 
fer rate of 75 sectors/second. From the memory 72 ; the 
reproduced data written in a burst-like manner at the 
transfer rate of 75 sectors/second is continuously read 
out at a transfer rate of 9.375 sectors/second, which cor- 
responds to the data compression rate of 1/8. 
[0061] The system controller 57 performs memory 
control to write the reproduced data to the memory 72 
at the transfer rate of 75 sectors/second and to contin- 
uously read out the reproduced data from the memory 

72 at the transfer rate of 9.375 sectors/second. The sys- 
tem controller 57 performs memory control of the mem- 
ory 72 as described above and also controls the repro- 
ducing position so as to continuously reproduce the re- 
produced data written from the memory 72 in a burst- 
like manner in accordance with this memory control, 
from the recording track of the magneto-optical disc 1 . 
The recording position is controlled as the system con- 
troller 57 manages the reproducing position of the re- 
produced data read out from the memory 72 in a burst- 
like manner and sends a control signal designating a 
reproducing position on the recording track of the mag- 
neto-optical disc 1 or the optical disc 1 to the servo con- 
trol circuit 56. 

[0062] The ATC audio data obtained as the repro- 
duced data continuously read out from the memory 72 
at the transfer rate of 9.375 sectors/second is supplied 
to an ATC decoder 73. The ATC decoder 73 corre- 
sponds to the ATC encoder 63 of the recording system. 
The ATC decoder 73 reproduces 1 6-bit digital audio da- 
ta, for example, by performing data expansion (bit ex- 
pansion) of the ATC data to eighttimes. The digital audio 
data from the ATC decoder 73 is supplied to a D/A con- 
verter 74. 

[0063] The D/A converter 74 converts the digital audio 
data supplied from the ATC decoder 73 to an analog 
signal and thus forms an analog audio output signal 



A 0UT . The analog audio signal A OUT obtained by the D/ 
A converter 74 is outputted from an output terminal 76 
via a low-pass filter 75. 

[0064] The high-efficiency coding of a signal will now 

5 be described in detail. Specifically, the technique of 
high-efficiency coding an input digital signal such as an 
audio PCM signal by using subband coding (SBC), 
adaptive transform coding (ATC) and adaptive bit allo- 
cation will be described with reference to Fig. 2 and the 

10 subsequent drawings. 

[0065] Fig. 2 is a block diagram showing a specific ex- 
ample of an acoustic waveform signal coding device 
used for the description of the embodiment of the 
present invention. In this example, an inputted signal 

15 waveform signal 101 is transformed to signals 102 of 
respective signal frequency components by transform 
means 1101. After that, each component is coded by 
signal component coding means 1102 and a code string 
1 04 is generated by code string generation means 1 1 03. 

20 [0066] Fig. 3 shows a specific example of the trans- 
form means 1101 of Fig. 2. A signal divided into two 
bands by a band division filter is transformed to spectral 
signal components 221 . 222 of the respective bands by 
forward spectral transform means 1211 , 1212 using MD- 

25 CT or the like. A signal 201 of Fig. 3 corresponds to the 
signal 1 01 of Fig.2 and the signals 221 , 222 of Fig. 3 cor- 
respond to the signals 102 of Fig.2. At the transform 
means shown in Fig. 3, the bandwidth of the signal of the 
signals 221 ; 222 is half the bandwidth of the signal 201 

30 and each of the signals 221 , 222 is decimated to a half 
of the signal 201 . As the transform means, various other 
transform means than this specific example may be con- 
sidered. For example, the input signal may be directly 
transformed to a spectral signal by MDCT Alternatively, 

35 the input signal may be transformed by DFT (discrete 
Fourier transform) or DCT (discrete cosine transform) 
instead of MDCT. While the signal can be divided into 
band components by a so-called band division filter, it 
is convenient to employ a method of transforming the 

40 signal to frequency components by the above-described 
spectral transform in which many frequency compo- 
nents can be obtained by a relatively small quantity of 
arithmetic operation. 

[0067] Fig. 4 shows a specific example of the signal 
45 component coding means 1102 of Fig.2. An inputsignal 
301 is normalized for each predetermined band (to gen- 
erate a signal 302) by normalization means 1301 . After 
that, the signal is quantized by quantization means 1 303 
on the basis of quantization accuracy information 303 
50 calculated by quantization accuracy decision means 
1302, and a signal 304 is taken out. The signal 301 of 
Fig. 4 corresponds to the signal 102 of Fig.2 and the sig- 
nal 304 corresponds to the signal 1 03 of Fig.2. However, 
the signal 304 contains normalization factor information 
55 and quantization accuracy information as well as the 
quantized signal components. 
[0068] Fig. 5 is a block diagram showing a specific ex- 
ample of a decoding device for outputting an acoustic 
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signal from a code string generated by the coding device 
shown in Fig. 2. In this specific example, codes 402 of 
respective signal components are extracted from a code 
string 401 by code string resolution means 1401. After 
respective signal components 403 are restored from the 
codes 402 by signal component decoding means 1 402, 
an acoustic waveform signal 404 is outputted by inverse 
transform means 1403. 

[0069] Fig. 6 shows a specific example of the inverse 
transform means 1403 of Fig. 5, which corresponds to 
the specific example of the transform means of Fig. 3. 
Signals 511. 512 of respective bands obtained by in- 
verse spectral transform means 1501 ,1502 are synthe- 
sized by a band synthesis filter 1511 . The signals 501, 
502 of Fig. 6 correspond to the signals 403 of Fig.5 and 
a signal 521 of Fig. 6 corresponds to the signal 404 of 
Fig.5. 

[0070] Fig. 7 shows a specific example of the signal 
component decoding means 1402 of Fig.5. A signal 551 
of Fig. 7 corresponds to the signal 402 of Fig.5 and a 
signal 553 of Fig. 7 corresponds to the signal 403 of Fig. 
5. The spectral signal 551 is de-quantized (to a signal 
525) by inversal-quantization means 1 551 and then de- 
normalized by inversal-normalization means 1552, and 
the signal 553 is taken out. 

[0071] Fig. 8 is a view for explaining a conventional 
coding method in the coding device shown in Fig.2. In 
this example shown in Fig. 8, a spectral signal is ob- 
tained by the transform means of Fig. 3. Fig. 8 shows the 
absolute value of the spectrum of MDCT with its level 
converted to dB. An input signal is transformed to, for 
example. 64 spectral signals for each predetermined 
time block, and normalization and quantization of these 
spectral signals are carried out for eight bands b1 to b8 
each (hereinafter referred to as coding unit). By varying 
the quantization accuracy for each coding unit depend- 
ing on the distribution of frequency components, highly 
auditorily efficient coding is possible in which deteriora- 
tion in the sound quality is restrained to the minimum. 
[0072] Fig. 9 shows a specific example in the case 
where a signal coded as described above is recorded 
to a recording medium. In this specific example, a fixed- 
length header containing a synchronizing signal SC is 
attached to the leading end of each frame, and the 
number of coding units UN is recorded in this header. 
The header is followed by quantization accuracy infor- 
mation QN, which is recorded by the number of coding 
units. After that, normalization factor information NP is 
recorded by the number of coding units. Normalized and 
quantized spectral factor information SP is subsequent- 
ly recorded. In the case of a fixed-length frame, a vacant 
area may be provided after the spectral factor informa- 
tion SP. In the example of Fig. 9, the spectral signal of 
Fig. 8 is coded. As the quantization accu racy information 
QN, for example, 6 bits of a coding unit of the lowest 
frequency band to 2 bits of a coding unit of the highest 
frequency band are allocated as shown in Fig. 9. As the 
normalization factor information NP, for example, values 



of 46 of the coding unit of the lowest frequency band to 
22 of the coding unit of the highest frequency band are 
allocated as shown in Fig. 9. As this normalization factor 
information NP, values proportional to, for example, dB 

5 values, are used. 

[0073] It is possible to further improve the coding ef- 
ficiency in the above-described method. For example, 
by allocating a relatively short code length to a spectral 
signal with a high frequency, of the quantized spectral 

10 signals, and a relatively long code length to a spectral 
signal with a low frequency, the coding efficiency can be 
improved. Moreover, the quantity of sub information 
such as quantization accuracy information and normal- 
ization factor information can be relatively reduced and 

15 the frequency resolution can be improved by providing 
a long transform block length. Therefore, as the quanti- 
zation accuracy can be more minutely controlled on the 
frequency axis, the coding efficiency can be improved. 
[0074] Furthermore, the specification and drawings of 

20 the Japanese Patent Application No. H5-1 52865 or 
W094/288633 by the present inventors proposes a 
method of separating an auditorily important tonal com- 
ponent, that is, a signal component having energy con- 
centrated around a specific frequency, from a spectral 

25 signal, and separately coding the signal component 
from the other spectral components. This enables effi- 
cient coding at a high compression rate with little dete- 
rioration in the auditory sound quality of audio signals. 
[0075] Fig. 1 0 is a view for explaining the case where 

30 coding is carried out by using such a method. Fig. 10 
shows the separation and coding of tonal components 
having particularly high levels, for example, as tonal 
components Tn1 to Tn3, from a spectral signal. While 
position information, for example, position data Pos1 to 

35 Pos3 are required for the tonal components Tn1 to Tn3, 
the spectral signal from which the tonal components Tn1 
to Tn3 were extracted can be quantized with a small 
number of bits. Therefore, by applying this method to a 
signal having energy concentrated at a specific frequen- 
ce cy, particularly efficient coding is made possible. 

[0076] Fig. 11 shows the structure of the signal com- 
ponent coding means 1 1 02 of Fig.2 in the case where a 
tonal component is thus separated and coded. The out- 
put signal 1 02 (signal 601 of Fig. 11) from the transform 

45 means 1101 of Fig.2 is separated into a tonal compo- 
nent (signal 602) and a non-tonal component (signal 
603) by tonal component separation means 1601 , then 
coded by tonal component coding means 1 602 and non- 
tonal component coding means 1603, respectively, and 

50 taken out as signals 604 and 605, respectively. The ton- 
al component coding means 1602 and the non-tonal 
component coding means 1603 have a structure similar 
the structure shown in Fig.4, but the tonal component 
coding means 1 602 also performs coding of the position 

55 information of the tonal component. 

[0077] Similarly, Fig. 1 2 shows the structure of the sig- 
nal component decoding means 1402 of Fig.5 in the 
case where a tonal component is separated and coded 
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as described above. A signal 701 of Fig. 12 corresponds 
to the signal 604 of Fig. 11 and a signal 702 of Fig. 12 
corresponds to the signal 605 of Fig. 1 1 . The signal 701 
is decoded by tonal component decoding means 1 701 
and sent as a signal 703 to spectral signal synthesis 
means 1703. The signal 702 is decoded by non-tonal 
component decoding means 1 702 and sent to the spec- 
tral signal synthesis means 1703. The spectral signal 
synthesis means 1703 synthesizes the tonal component 
(signal 703) and the non-tonal component (signal 704) 
and outputs a signal 705. 

[0078] Fig. 13 shows a specific example in the case 
where a signal coded as described above is recorded 
to a recording medium. In this specific example, atonal 
component is separated and coded, and its code string 
is recorded in a part between a header part and quan- 
tization accuracy information QN. In the tonal compo- 
nent string, the number of tonal components information 
TN is first recorded and data of each tonal components 
are recorded then. The data of the tonal components 
include position information P, quantization accuracy in- 
formation QN, normalization factor information NP and 
spectral factor information SP. Moreover in this specific 
example, a transform block length for transform to a 
spectral signal is made twice that of the specific example 
of Fig. 9, thus improving the frequency resolution. Fur- 
thermore, by introducing a variable-length code, a code 
string of an acoustic signal corresponding to a length 
twice that of the specific example of Fig. 9 is recorded in 
a frame having the same number of bytes. 
[0079] In the above description, the technique pre- 
ceding the description of the embodiment of the present 
invention is explained. In the embodiment of the present 
invention, for example, in the case of applying this tech- 
niqueto audio, the content of an audio signal of relatively 
low quality is made free to listen to for trial listening, and 
an audio signal of high quality is made available for lis- 
tening by purchasing or otherwise acquiring additional 
data of a relatively small quantity. 
[0080] Specifically, in the embodiment of the present 
invention, for example, in a part to be coded as shown 
in Fig. 9, data indicating 0-bit allocation is coded in four 
coding units on the high-frequency side as dummy 
quantization accuracy data within quantization accuracy 
information QN, and normalization factor information 0 
of the minimum value is coded in four coding units on 
the high-frequency side as dummy normalization factor 
data within normalization factor information NP, as 
shown in Fig. 14. (In this specific example, the normali- 
zation factor has a value proportional to the dB value.) 
By thus setting 0 as the quantization accuracy informa- 
tion on the high-frequency side, spectral factor informa- 
tion in a Neg area shown in Fig.1 4 is actually neglected. 
As this is reproduced by an ordinary reproducing device, 
narrow-band data having a spectrum as shown in Fig. 
15 will be reproduced. Moreover, by coding the dummy 
data for the normalization factor information, it becomes 
more difficult to conjecture the quantization accuracy in- 



formation and carry out unauthorized reproduction of 
high-quality data. 

[0081] In a signal reproducing device and method 
used forthe embodiment of the present invention, when 
5 reproducing a code string of a predetermined format ob- 
tained by coding a signal, dummy data of a first code 
string made through replacing a part of the code string 
of the predetermined format is the dummy data is rewrit- 
ten by using a second code string for complementing 
the dummy data part, and the first code string and the 
code string obtained by the rewriting are switched and 
outputted in accordance with a predetermined condi- 
tion. 

[0082] In a signal recording device and method used 
for the embodiment of the present invention, when re- 
cording a code string of a predetermined format ob- 
tained by coding a signal, dummy data of a first code 
string in which at least a part of the code string of the 
predetermined format is the dummy data is rewritten by 
using a second code string for complementing the dum- 
my data part. 

[0083] The quantization accuracy information and the 
normalization factor information of all the bands may be 
replaced by dummy data. In this case, no significant da- 
ta can be reproduced by an ordinary reproducing de- 
vice. In order to carry out trial viewing/listening, a part 
of the dummy data is rewritten and reproduced by using 
a partial code string of the second code string (for ex- 
ample, data on the low-frequency side of the quantiza- 
tion accuracy information and the normalization factor 
information). If reproduction of a high-quality signal is 
desired, the quantization accuracy information and the 
normalization factor information corresponding to the 
remaining dummy data, that is, a code string of the part 
otherthan the foregoing partial code string in the second 
code string, may be purchased or otherwise acquired 
as additional data to complement all the dummy data. 
This enables reproduction of a high-quality signal (high 
sound quality or high image quality). By changing the 
quantity of the partial code string of the second code 
string, the quality of a signal for trial viewing/listening 
can be arbitrarily changed. 

[0084] In the above-described example, both the 
quantization accuracy information and the normaliza- 
tion factor information are replaced by dummy data. 
However, it is also conceivable to replace only one of 
them with dummy data. If only the quantization accuracy 
information is replaced by dummy data of 0-bit data, nar- 
row-band data having a spectrum as shown in Fig. 15 is 
reproduced. On the other hand, if only the normalization 
factor information is replaced by dummy data having a 
value of 0, a spectrum as shown in Fig. 16 is provided. 
Although the spectrum on the high-frequency side is not 
strictly 0, it is practically 0 in view of the audibility. In the 
embodiment of the present invention, the signal of this 
case, too, is referred to as narrow-band signal. 
[0085] Depending on which of the quantization accu- 
racy information and the normalization factor informa- 
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tion is to be replaced by dummy data, the possibility that 
their true values might be conjectured to perform high- 
quality reproduction is different. The case where both 
the quantization accuracy information and the normali- 
zation factor information are replaced by dummy data is 
the most secure case because there is no data for con- 
jecturing their true values. In the case where only the 
quantization accuracy information is replaced by dum- 
my data, for example, if the original bit allocation algo- 
rithm is adapted for finding the quantization accuracy 
information on the basis of the normalization factor, 
there is a relatively high possibility that the quantization 
accuracy information might be conjectured on the basis 
of the normalization factor information. On the other 
hand, since it is relatively difficult to find the normaliza- 
tion factor information from the quantization accuracy 
information, the method of replacing only the normali- 
zation factor information with dummy data has a lower 
possibility than the method of replacing only the quan- 
tization accuracy information with dummy data. De- 
pending on the band, the quantization accuracy infor- 
mation or the normalization factor information may be 
selectively replaced by dummy data. 
[0086] Moreover, a part of the spectral factor informa- 
tion may be replaced by dummy data. Particularly since 
a spectrum in the intermediate-frequency band is signif- 
icant in terms of the sound quality, data of this part may 
be replaced by dummy data of 0 and data of the inter- 
mediate/high-frequency band may be replaced by dum- 
my quantization accuracy information or dummy nor- 
malization factor information. The dummy data need not 
necessarily be 0. For example, in variable-length cod- 
ing, an arbitrary code which is shorter than a code ex- 
pressing the true numerical value may be used for re- 
placement. In that case, the band where the data is re- 
placed by dummy quantization accuracy information or 
dummy normalization factor information covers the 
band where a part of the spectral factor information is 
replaced by dummy data, thus performing correct nar- 
row-band reproduction. Particularly, in the case where 
a variable-length code is used for coding the spectral 
factor information, if a part of the information of the in- 
termediate-frequency band is missing, data of higher- 
frequency bands cannot be decrypted. 
[0087] In any case, conjecture of relatively large data 
including the content of a signal is more difficult than 
decryption of a relatively short key length used for ordi- 
nary encryption, and for example, the possibility of in- 
fringement on the copyright of a right holder of a tune is 
lowered. Moreover, even if dummy data is conjectured 
with respect to a certain tune, there is no possibility of 
expansion of damage to other tunes, unlike the case 
where a decryption method for the encryption algorithm 
is made known. Also in this respect, higher security is 
provided than in the case where particular encryption is 
performed. 

[0088] Fig. 17 is a block diagram showing an exem- 
plary reproducing device used forthe embodiment of the 



present invention, which is an improvement of the con- 
ventional decoding means shown in Fig. 5. 
[0089] In Fig. 17, an input signal 801 is a code string 
(first code string) a part of which is replaced by dummy 

5 data. In this case, the quantization accuracy information 
and the normalization factor information of all the bands 
or on the high-frequency side are replaced by dummy 
data. The signal 801 , which is a high-efficiency coding 
signal having the dummy data embedded therein, is re- 

10 ceived, for example, via a predetermined public network 
(ISDN (Integrated Services Digital Network), satellite 
network, analog network orthe like) and inputted to code 
string resolution means 1801. First, the content of the 
code string of the signal is resolved by the code string 

15 resolution means 1 801 and sent as a signal 802 to code 
string rewriting means 1802 and a selected terminal b 
of a switch 1 808. The code string rewriting means 1 802 
receives true quantization accuracy information and 
normalization factor information 806 of a second code 

20 string for complementing the dummy data part as a sig- 
nal 807 through control means 1805. The code string 
rewriting means 1802 rewrites the dummy part of the 
quantization accuracy information and the normaliza- 
tion factor information by using the signal 807 and sends 

25 the result of rewriting to a selected terminal a of the 
switch 1 808. The output from the switch 1 808 is sent to 
signal component decoding means 1803. The signal 
component decoding means 1 803 decodes the data to 
spectral data 804 and inverse transform means 1804 

30 transforms the spectral data 804 to time series data 805, 
thus reproducing the audio signal. 
[0090] In the structure shown in Fig. 17, in the case of 
the trial viewing/listening mode, the signal 802 from the 
code string resolution means 1801 bypasses the code 

35 string rewriting means 1 802 and is inputted to the signal 
component decoding means 1 803 via the selected ter- 
minal b of the switch 1 808. In the case of the purchase 
mode, the true quantization accuracy information and/ 
ortrue normalization factor information 806 for replacing 

40 the above-described dummy data is inputted to the con- 
trol means 1 805 via the same public network as the sig- 
nal 801 . The control means 1805 rewrites the dummy 
data in the high-efficiency coding signal 801 having the 
dummy data embedded therein which is inputted to the 

45 code string rewriting means 1802, by using the true 
quantization accuracy information and/or true normali- 
zation factor information 806. A high-efficiency coding 
signal 803 obtained as a result of this rewriting is input- 
ted to the signal component decoding means 1803 via 

50 the selected terminal a of the switch 1808. 

[0091] Thus, the user can listen to trial listening music 
of low sound quality to which the dummy data is added, 
in the trial viewing/listening mode, and can listen to mu- 
sic of high sound quality when a predetermined pur- 

55 chase procedure (accounting, authentication and the 
like) is done. 

[0092] In the above-described specific example, all 
the dummy data is rewritten (complemented) using the 
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second code string. However, the present invention is 
not limited to this example and it is also possible to re- 
write at least a part of the dummy data by using a partial 
code string of the second code string and then repro- 
duce the data. In the case of thus replacing at least a 
part of the dummy data by using the partial code string 
of the second code string and then reproducing the data, 
for example, the quality (sound quality or image quality) 
of the trial viewing/listening can be arbitrarily changed 
by arbitrarily changing the proportion of the partial code 
string of the second code string. In this case, even in the 
trial viewing/listening mode, the partial code string of the 
second code string is inputted as the signal 806 to the 
control means 1 805 and then sent as the signal 807 to 
the code string rewriting means 1 802. Therefore, a part 
of the dummy data embedded in the first code string 
from the code string resolution means 1 801 may be re- 
written by using the partial code string of the second 
code string and the switch 1 808 may be switched to con- 
nect to the selected terminal a, thus sending the result 
of rewriting to the signal component decoding means 
1803. 

[0093] When the coding system is a system for spec- 
trally transforming a content signal, dividing its band and 
generating a code string of a predetermined format con- 
taining quantization accuracy information, normaliza- 
tion factor information and spectral factor information for 
each band, the dummy data corresponds to at least a 
part of at least one of the quantization accuracy infor- 
mation, the normalization factor information and the 
spectral factor information. In this case, the partial code 
string of the second code string is information on the 
low-frequency side of the dummy data. Specifically, for 
example, when the dummy data is of information on the 
high-frequency side of the quantization accuracy infor- 
mation or information on the high-frequency side of the 
normalization factor information, the partial code string 
of the second code string is information on the low-fre- 
quency side of the quantization accuracy information or 
the normalization factor information corresponding to 
the dummy data. 

[0094] When the dummy data rewriting data (partial 
code string of the second code string) is for all the bands 
or approximately all the bands of the information corre- 
sponding to the dummy data, an audio signal having a 
broad band and high quality is reproduced. When the 
dummy data rewriting data (partial code string of the 
second code string) is for a partial narrow band of the 
information corresponding to the dummy data, an audio 
signal having a narrow band is reproduced. Thus, de- 
pending on the bandwidth to which the dummy data re- 
writing data corresponds, the sound quality of trial lis- 
tening can be controlled and reproduction of an audio 
signal having a broad band is made possible. 
[0095] In the above-described embodiment, the high- 
efficiency coding signal 801 having the dummy data em- 
bedded therein and the true quantization accuracy in- 
formation and/or true normalization factor information 



(second code string or its partial code string) 806 for re- 
placing the dummy data are acquired from the server 
side via the same public network. However, for example, 
the high-efficiency coding signal 801 having a large 

5 quantity of dummy data embedded therein may be ac- 
quired through a satellite network with a high transmis- 
sion rate while the true quantization accuracy informa- 
tion and/or true normalization factor information 806 
having a small quantity of data may be separately ac- 

10 quired by using a telephone line or a network with a rel- 
atively low transmission rate such as ISDN. The signal 
801 may also be supplied on a large-capacity recording 
medium such as CD-ROM or DVD (digital versatile disk) 
-ROM. The above-described structure enables en- 

15 hanced security. 

[0096] Meanwhile, the tonal component and the non- 
tonal component are described with reference to Fig. 1 3. 
The rewriting of the dummy data in the high-efficiency 
coding signal having the dummy data embedded therein 

20 may be performed with respectto quantization accuracy 
information and/or normalization factor information con- 
stituting tonal components, quantization accuracy infor- 
mation and/or normalization factor information constitut- 
ing non-tonal components, or quantization accuracy in- 

25 formation and/or normalization factor information con- 
stituting both tonal components and non-tonal compo- 
nents. 

[0097] Fig. 1 8 shows a specific example of the format 
ofthetrue information (second code string) of the signal 

30 807 from the control means 1 805 of Fig. 1 7. This format 
is for changing the information of the N-th frame shown 
in Fig. 14 to the information shown in Fig. 9. Thus, with a 
code string in which there still is dummy data, a repro- 
duced sound having the spectrum shown in Fig. 15 is 

35 changed to a reproduced sound having the spectrum 
shown in Fig. 8. 

[0098] Fig. 19 is a block diagram showing an example 
of recording means used in the embodiment of the 
present invention. In Fig.1 9, an input signal 821 is a first 

40 code string a part of which is replaced by dummy data. 
In this case, quantization accuracy information and nor- 
malization factor information on the high-frequency side 
constitute the dummy data. First, the content of the code 
string of the input signal 821 is resolved by code string 

45 resolution means 1 821 and sent as a signal 822 to code 
string rewriting means 1822. The code string rewriting 
means 1822 receives true quantization accuracy infor- 
mation and normalization factor information 825, which 
is a second code string, as a signal 826 through control 

50 means 1 824. The code string rewriting means 1 822 re- 
writes the dummy part of the quantization accuracy in- 
formation and the normalization factor information of the 
signal 822 by using the signal 826 and sends a signal 
823 as a result of rewriting to recording means 1823, 

55 where the signal is recorded to a recording medium. The 
recording medium for recording the code string of a sig- 
nal 824 may be a recording medium on which the code 
string of the signal 821 was originally recorded. 
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[0099] In the embodiment shown in Fig. 19, similarly 
to the above- described example shown in Fig. 17, at 
least a part of the dummy data may be rewritten by using 
a partial code string of the second code string and then 
recorded, instead of rewriting (complementing) all the 
dummy data by using the second code string. In the 
case of thus replacing at least a part of the dummy data 
by using the partial code string of the second code string 
and then recording the data, for example, the quality 
(sound quality or image quality) of the trial viewing/lis- 
tening can be arbitrarily changed by arbitrarily changing 
the proportion of the partial code string of the second 
code string. In this case, even in the trial viewing/listen- 
ing mode, the partial code string of the second code 
string is inputted as the signal 825 to the control means 
1 824 and then sent as the signal 826 to the code string 
rewriting means 1822. Therefore, a part of the dummy 
data embedded in the first code string from the code 
string resolution means 1 821 may be rewritten by using 
the partial code string of the second code string and then 
sent to the recording means 1 823. 
[0100] The reproducing device and the recording de- 
vice used in the embodiment of the present invention 
are described above. It is also possible to encrypt the 
spectral factor information on the high-frequency side to 
further improve the security. In that case, the code string 
rewriting means 1802, 1822 for replacing the dummy 
data, shown in Figs.17and 19, receive the true normal- 
ization factor information through the control means 
1 805, 1 824 to replace the dummy data. The code string 
rewriting means 1 802, 1 822 also decode the data on the 
high-frequency side by using a decryption key acquired 
through the control means 1805, 1824 and reproduce 
or record the data. 

[0101] Fig. 20 shows a specific example of the format 
of information for replacing dummy data in the case 
where atonal component is separated as shown in Fig. 
10 and coded as shown in Fig. 13. Thus, a reproduced 
sound having the spectrum shown in Fig. 15 is substan- 
tially changed to a reproduced sound having the spec- 
trum shown in Fig. 10. 

[0102] Fig. 21 is an exemplary flowchart showing the 
procedure in the case of reproduction using software in 
accordance with the reproducing method used in the 
embodiment of the present invention. First, atstepSH, 
a code string (first code string) containing dummy data 
is resolved, and then at step S12, whether to carry out 
reproduction with high sound quality is determined. If re- 
production with high sound quality is to be carried out, 
at step S13, the dummy data in the first code string is 
replaced by true data (second code string) for providing 
a broad band, and then the procedure goes to step S1 4. 
Otherwise, the procedure goes directly to step S1 4. The 
signal components are decoded at step S1 4 and inverse 
transform to a time series signal to reproduce its sound 
at step S15. 

[0103] Fig. 22 is an exemplary flowchart showing the 
procedure in the case of recording using software in ac- 



cordance with the recording method used in the embod- 
iment of the present invention. First, at step S21 wheth- 
er to carry out recording with high sound quality is de- 
termined. If recording with high sound quality is to be 
5 carried out, first, at step S22, a code string (first code 
string) containing dummy data is resolved, and then at 
step S23, the dummy data in the code string is replaced 
by true data (second code string) for providing a broad 
band. The procedure then goes to step S24. Otherwise, 
the procedure goes directly to step S24 from step S21 . 
[0104] Meanwhile, in the above-described embodi- 
ment, a part of data of a code string is replaced by dum- 
my data such as 0 without changing the structure of the 
code string of a predetermined format obtained by cod- 
ing a signal, that is, in conformity with the existing code 
string format standard. However, it is also possible to 
remove the dummy data part and thus shorten the code 
string. 

[0105] Specifically, Fig.23 shows a code string such 
that dummy quantization accuracy data (0) of the quan- 
tization accuracy information QN the dummy normaliza- 
tion factor data (0) of the normalization factor informa- 
tion NP in the code string shown in Fig. 14 are deleted 
and the remaining part is moved over to shorten the 
code string. In this case, information of the number of 
units of the dummy data must be written in the code 
string. For example, the number of dummy coding units 
may be written instead of the number of coding units 
UN, or the number of dummy coding units may be writ- 
ten in a reserved area or the like. 
[0106] If the dummy data is left as in the example 
shown in Fig. 14, when later complementing the code 
string data by using the second code string, the dummy 
data part is overwritten by the second code string. On 
the other hand, in the example shown in Fig.23, 
processing to insert the second code string into the part 
where the dummy data was deleted is necessary. How- 
ever, the example of Fig.23 is advantageous in that a 
smaller quantity of data may be transmitted or recorded 
because the length of the code string is shorter by the 
length of the dummy data of Fig. 14. 
[0107] As is apparent from the above description, in 
the coding method used in the embodiment of the 
present invention, a signal having a narrow reproducing 
band is reproduced as dummy data such as normaliza- 
tion factor data or the like is written for each frame. How- 
ever, it is also possible to change the reproducing band 
using this dummy data such as normalization factor da- 
ta, depending on each part of a tune. 
[0108] If trial viewing/listening is of low quality (sound 
quality or image quality), the quality of a signal that can 
be enjoyed after the purchase is unknown and it is dif- 
ficult to determine whetherto purchase or not. However, 
if trial viewing/listening of relatively high quality is pos- 
sible, the quality of the reproduced signal of the first 
code string is changed with the lapse of time so that only 
a part of the reproduced signal may be reproduced with 
high quality, considering that more users may think they 
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can sufficiently enjoy the signal without purchasing. 
[0109] Specifically, for example, in the frames of the 
leading part of a tune and the most impressive part of 
the tune, coding is performed without using dummy data 
such as normalization factor data so as to enable repro- 
duction of a broad band, whereas in the frames of the 
other parts, dummy data such as normalization factor 
data is used to perform narrow-band reproduction. By 
smoothly changing the reproducing band over several 
frames, it is possible to reduce the unnaturalness in the 
trial listening (in general, trial viewing/listening). 
[0110] Fig. 24 shows a change of the reproducing 
band in this trial listening based on this method. The re- 
producing band is broadened in the leading part Ka and 
the most impressive part Kb of a tune, and for example, 
the intermediate/high-frequency band cannot be repro- 
duced in the other parts because of the dummy data. 
[0111] To generalize this, when generating a first code 
string of a trial viewing/listening code string, the value 
of a control parameter for the quality (sound quality or 
image quality) of the reproduced signal of the first code 
string fortrial viewing/listening is changed with the lapse 
of time. This reproduction quality control is carried out 
by embedding dummy data into the code string and the 
bandwidth of the coded signal may be used as a repro- 
duction quality control parameter. In the case where, 
when reproducing a code string of a predetermined for- 
mat obtained by coding a signal, at least a part of dummy 
data of a first code string made through replacing at least 
a part of the code string of the predetermined format with 
the dummy data is rewritten by using a partial code 
string of a second code string for complementing the 
dummy data part, and the code string obtained by the 
rewriting with the partial code string of the second code 
string is decoded, spectral transform of the input signal 
and division of its band are performed in the coding, thus 
generating the code string of the predetermined format 
comprising quantization accuracy information, normali- 
zation factor information and spectral factor information 
for each band. The dummy data corresponds to the in- 
formation of at least the high-frequency side of at least 
one of the quantization accuracy information, the nor- 
malization factor information and the spectral factor in- 
formation. The partial code string of the second code 
string is the information of at least the low-frequency 
side of the information corresponding to the dummy da- 
ta, and its band changes with the lapse of time. 
[0112] Fig. 25 is a block diagram showing a specific 
example of a coding device for changing the quality of 
a reproduced signal depending on each part of thetune. 
In Fig.25, control means 1844 receives information 845 
of the leading part and the most impressive part of the 
tune and controls signal component coding means 1 842 
to use dummy data such as normalization factor data, 
thus changing the reproducing band. 
[0113] The other parts of Fig.25 are similar to those 
of Fig. 2. That is, after an inputted waveform signal 841 
is transformed to signals 842 of signal frequency com- 



ponents by transform means 1841 , each component is 
coded bythe signal component coding means 1842 and 
a code string 844 is generated by code string generation 
means 1843. 

5 [01 1 4] Fig. 26 is a flowchart showing the flow of a spe- 
cific example of the processing by the control means 
1844 Fig.25 to change the reproducing band. First, the 
frame number N is set to 1 at step S31 and then the 
processing goes to step S32. At step S32, it is deter- 
mined whether or not the current frame is a broad-band 
reproducing section such as the leading part or the most 
impressive part. If the current frame is a broad-band re- 
producing section, at step S33 ; coding is carried out 
without using dummy data such as normalization factor 
data so as to carry out broad-band reproduction, and 
the processing goes to step S37. Otherwise, the 
processing goes to step S34. At step S34, it is deter- 
mined whether or not the current frame is a band inter- 
polation section before or after a broad-band reproduc- 
ing section. If the current frame is a band interpolation 
section, at step S35, coding is carried out using dummy 
data such as normalization factor data so that the repro- 
ducing band gradually changes, and the processing 
goes to step S37. Otherwise, the processing goes to 
step S36. At step S36, coding is carried out using dum- 
my data such as normalization factor data so as to per- 
form narrow-band reproduction, and the processing 
goes to step S37. At step S37, it is determined whether 
the current frame is the last frame or not. If the current 
frame is the last frame, the processing ends. Otherwise, 
at step S38, the value of the frame number N is in- 
creased by 1 to shift to the next frame, and the process- 
ing goes back to step S32. 

[0115] In this example, dummy data such as normal- 
ization factor data is used for controlling the reproducing 
band in each frame. However, encryption of the high- 
frequency side may also be used for controlling the re- 
producing band, as described in the Japanese Publica- 
tion of Unexamined Patent Application No.H1 0-1 35944 
proposed by the present inventors. 
[0116] Fig. 27 shows a method for encrypting the high- 
frequency side of each frame by using a technique sim- 
ilar to the technique described in the Japanese Publica- 
tion of Unexamined Patent Application No.H1 0-1 35944. 
In the specific example shown in Fig. 27, spectral factor 
information SP H on the high-frequency side, normaliza- 
tion factor information NP H on the high-frequency side, 
quantization accuracy information QN H on the high-fre- 
quency side, and the number of coding units UN thereof 
are encrypted. 

[0117] By thus limiting the band and changing the 
bandwidth available for trial listening with the lapse of 
time as shown in Fig. 24, another method of the embod- 
iment of the present invention is made possible. Thus, 
again . it is possible to enjoy a tune with high sound qual- 
ity by carrying out decryption after confirming the sound 
quality and the content of the tune. 
[0118] Meanwhile, in the case where broad-band re- 
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production is made possible in the frames of, for exam- 
ple, the leading part of the tune and the most impressive 
part of the tune so that the quality of the reproduced sig- 
nal changes with the lapse of time, as described above 
with reference to Fig. 24, it is preferred that the time of 
trial viewing/listening can be shortened by extracting 
and reproducing only the leading part and the most im- 
pressive part and that the user can select such a short- 
time trial viewing/listening mode or a trial viewing/listen- 
ing mode for the entire content. 
[01 1 9] That is, when a code string such that the quality 
of the reproduced signal changes with the lapse of time 
is used as the first code string having the dummy data 
embedded therein, a part on the time axis of the repro- 
duced signal of the first code string with its quality being 
within a predetermined range may be extracted and re- 
produced. 

[0120] A specific example is shown in Figs.28A and 
28B. In Fig.28A, similarto Fig.24, the reproducing band 
is broadened with the lapse of time in a part of a tune, 
for example, th leading part Ka of the tune and the most 
impressive part Kb of the tune, and for example, the in- 
termediate/high-frequency band cannot be reproduced 
in the other parts because of the dummy data. With re- 
spect to such a tune having a reproducing band chang- 
ing with the lapse of time, the content of the tune can be 
confirmed in a short trial listening time by extracting and 
reproducing the parts having the broad band, that is, the 
leading part Ka and the most impressive part Kb of the 
tune, as shown in Fig.28B. 

[0121] The trial viewing/listening in the embodiment 
of the present invention and the exemplary method for 
improving its quality are described above. Hereinafter, 
a content supply system using the embodiment of the 
present invention will be described. 
[0122] Fig. 29 is a view for explaining the content sup- 
ply system using the embodiment of the present inven- 
tion. In Fig.29, a center (content supply center) 1865 for 
storing and managing contents and userterminals 1 861 
to 1 864 used by respective users are connected by net- 
works (861 to 868). The userterminals 1 861 to 1 864 are 
directly connected to the center 1 865. 
[0123] Fig. 30 is a block diagram showing a specific 
example of the user terminal. The user terminal has 
communication means 1881 for performing communi- 
cation using a signal 881 to and from the center and the 
other userterminals. and control means 1882 for con- 
trolling such communication. The user terminal also has 
recording means 1884 capable of recording trial listen- 
ing data using dummy data sent from the center, and 
reproducing means 1 885. Thus, each user can listen to 
the trial listening data sent from the center, many times. 
For example, the user may reproduce trial listening data 
sequentially sent from the center during the night, with 
relatively low sound quality as background music during 
the day. 

[0124] Meanwhile, the user terminal has signal syn- 
thesis means 1886 and writing means 1887. Thus, the 



user can synthesize trial listening data containing dum- 
my data and high-sound-quality data made up of not 
dummy data but true normalization factor information 
and the like, and can reproduce the high-quality audio 
5 signal using the reproducing means 1 885 or record the 
high-quality audio signal to a recording medium 1888 
via the writing means 1 887. The high-sound-quality data 
is purchased by the user via the control means 1 882 if 
the user likes a specific tune. The high-sound-quality da- 
ta is sent in an encrypted state from the center, tempo- 
rarily recorded to the recording means 1 884, and then 
sent to decryption means 1 883. 
[0125] The decryption means 1883 decrypts encrypt- 
ed high-sound-quality data 886 by using a decryption 
key 892 sent from the control means 1882 and sends 
the decrypted data to the signal synthesis means 1 886. 
In view of the protection of data, it is desired that the 
decryption means 1883, the signal synthesis means 
1886, the writing means 1887 and the reproducing 
means 1885 are integrated in terms of hardware. 
[0126] Fig. 31 is a block diagram showing a specific 
example of the control means of Fig. 30. This control 
means has right information storage means 1904 as 
well as a CPU 1902, a memory 1903 and input/output 
means 1 901 . Token information is stored in the right in- 
formation storage means 1904. This token information 
is purchased by a user paying its fee in advance. The 
token information is reduced every time a tune is pur- 
chased. Such right information storage means 1 904 can 
be realized by using, for example, an IC card. The meth- 
od for improving the sound quality of each tune, that is, 
the method for settlement of the purchase of the tune, 
may be a method otherthan such a prepaid method, for 
example, a credit card method. 
[0127] In the specific example of Fig.29, the trial lis- 
tening data containing dummy data is distributed by us- 
ing the same network as the high-sound-quality data. 
However, this is not necessarily required and distribu- 
tion via broadcast or CD-ROM which enables easy 
transmission of a large quantity of data may be used. 
[0128] In the case where the distribution of trial listen- 
ing data from the center to the user terminal is separate- 
ly carried out by using a network or the like, a database 
is provided at the center and trial listening data of tunes 
of a genre from which the user purchased high-sound- 
quality data may be sent to the user intensively. 
[0129] In this manner, in the content supply system 
using the embodiment of the present invention, content 
data for trial viewing/listening is sent for free or at a low 
price from the center to the user terminal. The user ter- 
minal reproduces the contents for trial viewing/listening 
and the user selects and purchases only the content that 
the user likes, thus enabling reproduction with high qual- 
ity. The reception of the contents for trial viewing/listen- 
ing may be carried out on the basis of membership for 
free or at a low price. 

[0130] Fig. 32 is a viewfor explaining another example 
of the content supply system using the embodiment of 
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the present invention. In Fig. 32, acenter(contentsupply 
center) 1865 and the user terminals 1861 to 1864 are 
the same as those of Fig. 29. First, the user terminal 
1861 receives, from the center, trial listening data 921 
containing dummy data and reproduced with relatively 
low sound quality. If the user of the user terminal 1 861 
likes this tune, the user purchases high-sound-quality 
data 925 obtained by replacing the dummy data with 
true data. The user sends a copy 922 of the data 921 to 
the userterminal 1862, considering that also the user of 
the user 1862 likes this tune. In this case, the user of 
the userterminal 1862 can receive this trial listening da- 
ta 922 for free or at a low price and reproduce the trial 
listening data 922. If the user of the user terminal 1 862 
likes this tune, the user purchases high-sound-quality 
data 926 of the same content as the data 925 from the 
center 1865. 

[0131] Similarly to the user of the userterminal 1861, 
the user of the user terminal 1 862 sends a copy 923 of 
the data 922 to the userterminal 1 863, considering that 
alsothe user of the user 1 863 likes this tune. In this case, 
too, the user of the user terminal 1 863 can receive this 
copy for free or at a low price. If the user of the user 
terminal 1863 likes this tune, the user can purchase 
high-sound-quality data 927 of the same content as the 
data 925 from the center 1 865. The user of the user ter- 
minal 1 863 can also send a copy 924 of the data 923 to 
the userterminal 1864. 

[0132] In this another example of the content supply 
system using the embodiment of the present invention, 
similar copying of the trial listening data for free or at a 
low price among the users is permitted and only the user 
who listens to and likes the tune will purchase the high- 
sound-quality data and listen to thetune with high sound 
quality. In this case, the user purchases the high-sound- 
quality data with respectto thetrial listening data having 
dummy data. However, a key for decrypting encrypted 
high-frequency data may be purchased, as in the tech- 
nique described in the Japanese Publication of Unex- 
amined Patent Application No.H1 0-1 35944. 
[0133] Fig. 33 is a view for explaining still another ex- 
ample of the content supply system using the embodi- 
ment of the present invention. In this system, first, trial 
listening data 941 with its band narrowed, for example, 
by using dummy data, is written to a recording medium 
1 942 for free or at a low price from a content supply ter- 
minal 1941 such as an a vending machine installed at 
a convenience store or a so-called kiosk, and the re- 
cording medium 1 942 is loaded on a reproducing termi- 
nal 1943 to reproduce the data. The reception of the 
content for trial listening viewing/listening may be car- 
ried out on the basis of membership for free or at a low 
price. 

[0134] Fig. 34 is a block diagram showing a specific 
example of the reproducing terminal of Fig. 33. A record- 
ing medium 1 968 is the same as the recording medium 
1 942 of Fig. 33. This reproducing terminal also has a re- 
cording function, as will be described later. The content 



of trial listening data recorded on the recording medium 
may be reproduced as much as the user likes, by using 
reading means 1966 and reproducing means 1967. If 
the user likes this tune, the user purchases high-sound- 
5 quality data 963 through communication means 1961 
under the control of control means 1962. This high- 
sound-quality data 963 has been encrypted similarly to 
the example of Fig. 30. The high-sound-quality data 963 
is decrypted by decryption means 1963 and then syn- 
thesized by signal synthesis means 1964 with trial lis- 
tening data containing dummy data temporarily read out 
from the recording medium by the reading means 1 966. 
High-sound-quality data 967 thus obtained is written to 
the recording medium 1968 by writing means 1965. 
[0135] In view of the protection of data, it is desired 
that the decryption means 1963, the signal synthesis 
means 1 964 and the writing means 1 965 are integrated 
in terms of hardware. 

[0136] As a method for settlement at the time of pur- 
chase, the same method as in the case of Fig. 30 may 
be applied. In this example, the user purchases the high- 
sound-quality data with respect to the trial listening data 
having dummy data. However, a key for decrypting en- 
crypted high-frequency data may be purchased, as in 
the technique described in the Japanese Publication of 
Unexamined Patent Application No.H1 0-1 35944. That 
is, in the content supply system described with refer- 
ence to Figs. 33 and 34, content data for trial viewing/ 
listening downloaded for free or at a low price from a 
kiosk terminal or the like is recorded to a recording me- 
dium. The user reproduces the contents, selects only 
the content that the user likes, and purchases its high- 
sound-quality data, thus enabling reproduction with high 
quality. 

[0137] If the reproducing terminal of Fig.33 is to per- 
form only trial viewing/listening, the reproducing termi- 
nal need not have the communication means 1 961 , the 
decryption means 1963, the signal synthesis means 
1 964, the writing means 1 965 and the like as in the re- 
producing terminal of Fig. 34. The sound quality may be 
improved by a terminal as shown in Fig. 34 after trial lis- 
tening is sufficient carried out by ordinary reproducing 
means for the recording medium 1942. 
[0138] While audio signals are used in the above-de- 
scribed embodiment, the present invention can also be 
appliedto imagesignals. Specifically, forexample, inthe 
case where an image signal is transformed for each 
block by using two-dimensional DCT and quantized by 
using various quantization tables, a dummy quantiza- 
tion table having high-frequency components eliminat- 
ed therefrom is designated, and the dummy quantiza- 
tion table is replaced by a true quantization table having 
high-frequency components therein when improving the 
image quality. Thus, it is possible to perform processing 
similar to the case of audio signals. 
[0139] The present invention can also be applied to a 
system in which an entire code string is encrypted and 
the encrypted code string is decrypted during reproduc- 
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7. The signal reproducing device as claimed in claim 
6, wherein a part on the time axis such that the qual- 
ity of the reproduced signal of the first code string 
is within a predetermined ranged is extracted. 

5 

8. The signal reproducing device as claimed in claim 
6, wherein the bandwidth of the first code string 
changes with the lapse of time. 

10 9. The signal reproducing device as claimed in claim 
8, wherein in the coding, an input signal is spectrally 
transformed and its band is divided to generate a 
code string of a predetermined format comprising 
quantization accuracy information, normalization 

15 factor information and spectral factor information for 
each band, and 

the dummy data is dummy data correspond- 
ing to at least a high-frequency side of at least one 
of the quantization accuracy information, the nor- 

20 malization factor information and the spectral factor 
information and having a bandwidth changing tem- 
porally. 



tion. 

[0140] While a coded bit stream is recorded to a re- 
cording medium in the above-described embodiment, 
the method of the present invention may also be applied 
to the case of transmitting a bit stream. Thus, for exam- 
ple, only a listener who acquired a true normalization 
factor over the entire band may be allowed to reproduce 
a broadcast audio signal with high sound quality, while 
the other listeners can sufficiently grasp the content but 
can only reproduce the audio signal with relatively low 
sound quality. 



Claims 

1 . A signal reproducing device for reproducing a code 
string of a predetermined format obtained by coding 
a signal, the device comprising: 

rewriting means for rewriting dummy data of a 
first code string made through replacing a part 
of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part; and 
switching means for switching and outputting 
the first code string and the code string from the 
rewriting means in accordance with a predeter- 
mined condition. 

2. The signal reproducing device as claimed in claim 

1 , wherein in the coding, an inputsignal is spectrally 
transformed and its band is divided to generate a 
code string of a predetermined format comprising 
quantization accuracy information, normalization 
factor information and spectral factor information for 
each band, and 

the dummy data is dummy data correspond- 
ing to a part of at least one of the quantization ac- 
curacy information, the normalization factor infor- 
mation and the spectral factor information. 

3. The signal reproducing device as claimed in claim 

2, wherein the dummy data is dummy data of infor- 
mation on a high-frequency side of the quantization 
accuracy information. 

4. The signal reproducing device as claimed in claim 
2, wherein the dummy data is dummy data of infor- 
mation on a high-frequency side of the normaliza- 
tion factor information. 

5. The signal reproducing device as claimed in claim 
2, wherein the dummy data is dummy data of the 
spectral factor information. 

6. The signal reproducing device as claimed in claim 
1 , wherein the quality of a reproduced signal of the 
first code string changes with the lapse of time. 



10. The signal reproducing device as claimed in claim 
25 8, wherein a part on the time axis such that the 
bandwidth of the reproduced signal of the first code 
string is broader than a predetermined bandwidth 
is extracted and reproduced. 

30 11. Asignal reproducing method for reproducing a code 
string of a predetermined format obtained by coding 
a signal, the method comprising: 

a rewriting step of rewriting dummy data of a 
35 first code string made through replacing a part 

of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part; and 
a step of decoding the code string obtained by 
40 the rewriting. 

12. The signal reproducing method as claimed in claim 
11 , wherein in the coding, an input signal is spec- 
trally transformed and its band is divided to gener- 

45 ate a code string of a predetermined format com- 
prising quantization accuracy information, normali- 
zation factor information and spectral factor infor- 
mation for each band, and 

the dummy data is dummy data correspond- 
so ing to a part of at least one of the quantization ac- 
curacy information, the normalization factor infor- 
mation and the spectral factor information. 

13. The signal reproducing method as claimed in claim 
55 12, wherein the dummy data is dummy data of in- 
formation on a high-frequency side of the quantiza- 
tion accuracy information. 
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14. The signal reproducing method as claimed in claim 
12, wherein the dummy data is dummy data of in- 
formation on a high-frequency side of the normali- 
zation factor information. 

15. The signal reproducing method as claimed in claim 
12, wherein the dummy data is dummy data of the 
spectral coefficient information. 

16. The signal reproducing method as claimed in claim 
1 1 , wherein the quality of a reproduced signal of the 
first code string changes with the lapse of time. 

17. The signal reproducing method as claimed in claim 
16, wherein a part on the time axis such that the 
quality of the reproduced signal of the first code 
string is within a predetermined ranged is extracted. 

18. The signal reproducing method as claimed in claim 
16, wherein the bandwidth of the first code string 
changes with the lapse of time. 

19. The signal reproducing method as claimed in claim 
18, wherein in the coding, an input signal is spec- 
trally transformed and its band is divided to gener- 
ate a code string of a predetermined format com- 
prising quantization accuracy information, normali- 
zation factor information and spectral coefficient in- 
formation for each band, and 

the dummy data is dummy data correspond- 
ing to at least a high-frequency side of at least one 
of the quantization accuracy information, the nor- 
malization factor information and the spectral coef- 
ficient information and having a bandwidth chang- 
ing temporally. 

20. The signal reproducing method as claimed in claim 
18, wherein a part on the time axis such that the 
bandwidth of the reproduced signal of the first code 
string is broader than a predetermined bandwidth 
is extracted and reproduced. 

21 . A signal recording device for recording a code string 
of a predetermined format obtained by coding a sig- 
nal, the device comprising: 

rewriting means for rewriting dummy data of a 
first code string made through replacing a part 
of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part. 

22. The signal recording device as claimed in claim 21 , 
wherein in the coding, an input signal is spectrally 
transformed and its band is divided to generate a 
code string of a predetermined format comprising 
quantization accuracy information, normalization 
factor information and spectral coefficient informa- 



tion for each band, and 

the dummy data is dummy data correspond- 
ing to a part of at least one of the quantization ac- 
curacy information, the normalization factor infor- 
5 mation and the spectral coefficient information. 

23. The signal recording device as claimed in claim 22, 
wherein the dummy data is dummy data of informa- 
tion on a high-frequency side of the quantization ac- 

10 curacy information. 

24. The signal recording device as claimed in claim 22, 
wherein the dummy data is dummy data of informa- 
tion on a high-frequency side of the normalization 

15 factor information. 

25. The signal recording device as claimed in claim 22, 
wherein thedummy data is dummy data of thespec- 
tral coefficient information. 

20 

26. The signal recording device as claimed in claim 21 , 
wherein the quality of a reproduced signal of the first 
code string changes with the lapse of time. 

25 27. The signal recording device as claimed in claim 26, 
wherein a part on the time axis such that the quality 
of the reproduced signal of the first code string is 
within a predetermined ranged is extracted. 

30 28. A signal recording method for recording a code 
string of a predetermined format obtained by coding 
a signal, the method comprising: 

a rewriting step of rewriting dummy data of a 
35 first code string made through replacing a part 

of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part. 

40 29. The signal recording method as claimed in claim 28, 
wherein in the coding, an input signal is spectrally 
transformed and its band is divided to generate a 
code string of a predetermined format comprising 
quantization accuracy information, normalization 

45 factor information and spectral coefficient informa- 
tion for each band, and 

the dummy data is dummy data correspond- 
ing to a part of at least one of the quantization ac- 
curacy information, the normalization factor infor- 

50 mation and the spectral coefficient information. 

30. The signal recording method as claimed in claim 29, 
wherein the dummy data is dummy data of informa- 
tion on a high-frequency side of the quantization ac- 

55 curacy information. 

31 . The signal recording method as claimed in claim 29, 
wherein the dummy data is dummy data of informa- 
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tion on a high-frequency side of the normalization 
factor information. 

32. The signal recording method as claimed in claim 29, 
wherein the dummy data is dummy data of the spec- 
tral coefficient information. 

33. The signal recording method as claimed in claim 28, 
wherein the quality of a reproduced signal of thefirst 
code string changes with the lapse of time. 

34. The signal recording method as claimed in claim 33, 
wherein a part on the time axis such that the quality 
of the reproduced signal of the first code string is 
within a predetermined ranged is extracted. 

35. A signal receiving device for receiving a signal of a 
code string of a predetermined format comprising 
quantization accuracy information, normalization 
factor information and spectral coefficient informa- 
tion for each band obtained by spectrally transform- 
ing a signal and then dividing its frequency band, 
the device comprising: 

receiving means for selectively receiving a sig- 
nal of a first code string made through replacing 
a part of the code string of the predetermined 
format with dummy data and a signal of a sec- 
ond code string for complementing the dummy 
data part; 

rewriting means for rewriting the dummy data 
of the first code string received by the receiving 
means to the second code string; and 
switching means for switching the first code 
string and the code string from the rewriting 
means in accordance with a predetermined 
condition. 

36. The signal receiving device as claimed in claim 35, 
wherein the switching means selects thefirst code 
string in a trial viewing/listening mode and selects 
the code string obtained by the rewriting in a pur- 
chase mode. 

37. The signal receiving device as claimed in claim 35, 
wherein the dummy data is dummy data corre- 
sponding to a part of at least one of the quantization 
accuracy information, the normalization factor infor- 
mation and the spectral coefficient information. 

38. The signal receiving device as claimed in claim 37, 
wherein the dummy data is dummy data of informa- 
tion on a high-frequency side of the quantization ac- 
curacy information. 

39. The signal receiving device as claimed in claim 37, 
wherein the dummy data is dummy data of informa- 
tion on a high-frequency side of the normalization 



factor information. 

40. The signal receiving device as claimed in claim 37, 
wherein the dummy data is dummy data of thespec- 
5 tral coefficient information. 



41 . The signal receiving device as claimed in claim 35, 
wherein the quality of a reproduced signal of the first 
code string changes with the lapse of time. 

10 

42. The signal receiving device as claimed in claim 41 , 
wherein a part on the time axis such that the quality 
of the reproduced signal of the first code string is 
within a predetermined ranged is extracted. 

15 

43. An information processing method comprising: 

a step of generating, from an original code 
string obtained by coding original information 

20 by a predetermined format with a frame struc- 

ture, a first code string which can be repro- 
duced as information having lower quality than 
the original information but recognizable by a 
human being by rewriting a part or a plurality of 

25 parts of the original code string to dummy data; 

a step of generating a second code string which 
enables reproduction of the original information 
by complementing the first code string, from the 
part or the plurality of parts of the original code 

30 string separated from the first code string; 

a step of distributing the first code string so that 
at least a part of the first code string is in an 
access-free status; and 
a step of distributing the second code string so 

35 that at least a part of the second code string is 

in a non-access-free status. 



Amended claims under Art 19.1 PCT 

40 

1. (Amended) A signal processing device for a code 
string of a predetermined format obtained by coding 
a signal, the device comprising: 

45 rewriting means for rewriting dummy data of a 

first code string made through replacing a part 
of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part; and 

50 switching means for switching and outputting 

the first code string and the code string from the 
rewriting means in accordance with a predeter- 
mined condition; 

55 wherein the code string of the predetermined 

format comprises normalization factor information 
of the signal; and 

the dummy data comprises dummy data cor- 
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responding to at least a part of the normalization 
factor information. 

2. (Amended) A signal processing device for a code 
string of a predetermined format obtained by coding 5 
a signal, the device comprising: 



string of the predetermined format comprising nor- 
malization factor information for each band of an in- 
put signal is generated, and 

the dummy data further comprises dummy 
data of at least a part of the normalization factor in- 
formation. 



rewriting means for rewriting dummy data of a 
first code string made through replacing a part 
of the code string of the predetermined format 10 
with the dummy data, to a second code string 
for complementing the dummy data part; and 
switching means for switching and outputting 
the first code string and the code string from the 
rewriting means in accordance with a predeter- 15 
mined condition; 

wherein the code string of the predetermined 
format comprises a variable-length code string at 
least partly; and 20 

the dummy data comprises dummy data cor- 
responding to at least a part of the variable-length 
code string. 

3. (Amended) The signal processing device as 25 
claimed in claim 2, wherein the second code string 
comprises at least a part of the code string of the 
predetermined format which is replaced with the 
dummy data. 

30 

4. (Amended) The signal processing device as 
claimed in claim 2, wherein in the coding, the code 
string of the predetermined format comprising spec- 
tral factor information for each band of an input sig- 
nal is generated, 35 

in the code string of the predetermined format, 
at least the spectral factor information is coded to a 
variable-length code string, and 

the dummy data comprises dummy data cor- 
responding to a part of the spectral factor informa- 40 
tion. 



8. (Amended) The signal processing device as 
claimed in claim 2, wherein the quality of a repro- 
duced signal of the first code string changes with 
the lapse of time. 

9. (Amended) The signal processing device as 
claimed in claim 8, wherein the bandwidth of thefirst 
code string changes with the lapse of time. 

10. (Amended) The signal processing device as 
claimed in claim 8, wherein in the coding, a code 
string of the predetermined format comprising 
quantization accuracy information, normalization 
factor information and spectral factor information for 
each band of an input signal is generated, and 

the dummy data is dummy data correspond- 
ing to information with its bandwidth changing tem- 
porally on at least a high-frequency side of at least 
one of the quantization accuracy information and 
the normalization factor information. 

11. (Amended) A signal processing method for a 
code string of a predetermined format obtained by 
coding a signal, the method comprising: 

a rewriting step of rewriting dummy data of a 
first code string made through replacing a part 
of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part; and 
a switching step of switching and outputting the 
first code string and the code string obtained by 
the rewriting of the rewriting step in accordance 
with a predetermined condition; 



5. (Amended) The signal processing device as 
claimed in claim 2, wherein a part of the spectral 
factor information is information of an intermediate 45 
frequency band of the spectral factor information. 

6. (Amended) The signal processing device as 
claimed in claim 2, wherein 

in the coding, a code string of the predeter- 50 
mined format comprising quantization accuracy in- 
formation for each band of an input signal is gener- 
ated, and the dummy data further comprises dum- 
my data of at least a part of the quantization accu- 
racy information. 55 

7. (Amended) The signal processing device as 
claimed in claim 2, wherein in the coding, a code 



wherein the code string of the predetermined 
format comprises normalization factor information 
of the signal; and 

the dummy data comprises dummy data cor- 
responding to at least a part of the normalization 
factor information. 

12. (Amended) A signal processing method for a 
code string of a predetermined format obtained by 
coding a signal, the method comprising: 

a rewriting step of rewriting dummy data of a 
first code string made through replacing a part 
of the code string of the predetermined format 
with the dummy data, to a second code string 
for complementing the dummy data part; and 
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a switching step of switching and outputting the 
first code string and the code string obtained by 
the rewriting of the rewriting step in accordance 
with a predetermined condition; 

5 

wherein the code string of the predetermined 
format comprises a variable-length code string at 
least partly; and 

the dummy data comprises dummy data cor- 
responding to at least a part of the variable-length 10 
code string. 

13. (Amended) The signal processing method as 
claimed in claim 1 2, wherein the second code string 
comprises at least a part of the code string of the 15 
predetermined format as dummy data. 



claimed in claim 18, wherein the bandwidth of the 
first code string changes with the lapse of time. 

20. (Amended) The signal processing method as 
claimed in claim 18, wherein in the coding, a code 
string of the predetermined format comprising 
quantization accuracy information, normalization 
factor information and spectral factor information for 
each band of an input signal is generated, and 

the dummy data is dummy data correspond- 
ing to information with its bandwidth changing tem- 
porally on at least a high-frequency side of at least 
one of the quantization accuracy information and 
the normalization factor information. 

21. Deleted) 



14. (Amended) The signal processing method as 
claimed in claim 12, wherein in the coding, a code 
string of the predetermined format comprising spec- 
tral factor information for each band of an input sig- 
nal is generated, 

in the code string of the predetermined format, 
at least the spectral factor information is coded to a 
variable-length code string, and 

the dummy data comprises dummy data cor- 
responding to a part of the spectral factor informa- 
tion. 
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22. Deleted 

23. Deleted 

24. Deleted 

25. Deleted 

26. Deleted 

27. Deleted 



15. (Amended) The signal processing method as 30 
claimed in claim 12, wherein a part of the spectral 
factor information is information of an intermediate 
frequency band of the spectral factor information. 



16. (Amended) The signal processing method as 
claimed in claim 12, wherein in the coding, a code 
string of the predetermined format comprising 
quantization accuracy information for each band of 
an input signal is generated, and 

the dummy data further comprises dummy 
data of at least a part of the quantization accuracy 
information. 



35 



40 



28. Deleted 

29. Deleted 

30. Deleted 

31. Deleted 

32. Deleted 

33. Deleted 

34. Deleted 



17. (Amended) The signal processing method as 35. Deleted 
claimed in claim 12, wherein in the coding, a code 45 

string of the predetermined format comprising nor- 36. Deleted 

malization factor information for each band of an in- 
put signal is generated, and 37. Deleted 

the dummy data further comprises dummy 
data of at least a part of the normalization factor in- 50 38. Deleted 
formation. 

39. Deleted 

18. (Amended) The signal processing method as 
claimed in claim 12, wherein the quality of a repro- 40. Deleted 
duced signal of the first code string changes with 55 

the lapse of time. 41 . Deleted 

19. (Amended) The signal processing method as 42. Deleted 
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